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PROCESS AND SYSTEM OF ADAPTIVE 
FILTERING BY BLIND EQUALIZATION OF 
A DIGITAL TELEPHONE SIGNAL AND 

THEIR APPLICATIONS 

The invention relates to a process and a system of 
adaptive ?ltering by blind equalization of a digital telephone 
signal and their application to telephone transmission and/or 
the automatic recognition of speech. 

In automatic speech recognition systems, the main dif 
?culty of effective recognition is due to the variations Which 
appear in the digital acoustic signal Which carries the speech. 
The sources of variation are numerous and it is usual to 
distinguish betWeen variability intrinsic and variability 
extrinsic to the speaker. Indeed, the acoustic manifestations 
or materialiZations of a given Word differ, for example, 
according to the state of the speaker or the context of the 
Word in the sentence. This difference is further accentuated 
if the acoustic manifestations originating from several 
speakers are compared. 

The acoustic manifestations of Words are acoustic Waves, 
pressure Waves, Which have to be picked up in order to be 
recogniZed. During acquisition of a speech Wave by means 
of a microphone, various disturbances get added to it, 
thereby increasing the variability of the signal thus pro 
duced. Ambient noise is also an acoustic Wave, picked up by 
the microphone and mixed additively With the initial speech 
Wave. 

Furthermore, in the case, especially, of applications of 
speech recognition across the telephone netWork, the acqui 
sition module formed by the microphone of the telephone 
handset and by the telephone lines linking the user to the 
recognition system act as a linear convolution ?lter Which 
varies sloWly over time. 

In respect of a telephone handset of conventional type, 
not operating in hands-free mode, the effects of ambient 
noise are negligible, but the convolutive effects of the 
transmission lines are predominant. Thus, each signal 
observed at the input of the automatic speech recognition 
system contains a convolutive component, Which is substan 
tially constant for a given call, but is liable to vary from one 
call to another. 

This convolutive component is deleterious to speech 
recognition. A representation of this component in cepstral 
space shoWs that a convolutive ?lter, Which represents the 
transmission channel, is transformed into a bias (almost 
constant continuous component) Which is added to the 
cepstral vectors. This bias changes from one call to another. 
With reference to FIG. 1a, it is recalled that the cepstral 
vectors, in a cepstral representation, are obtained in the 
manner beloW, the digital speech signal s(n) being trans 
formed into a string of vectors Whose parameters are cal 
culated over WindoWs generally of ?xed length (10 to 40 ms) 
Which overlap by: 

calculation of the spectrum of the signal over each Win 
doW by fast Fourier transform, FFT, type frequency 
transform, 

calculation of the logarithm of the spectral energy, 
calculation of the cepstral vector, formed of cepstral 

coef?cients, by inverse frequency transform FFT‘1 of 
the logarithm of the spectral energy. The cepstral coef 
?cients make it possible to represent the impulse 
response of the voice channel and therefore bear the 
information pertinent to speech recognition. Moreover, 
these coef?cients are insensitive to the energy of the 
input signal, this making it possible consequently to 
reduce the variability in the signal submitted for rec 
ognition. 
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2 
Given this bias, the continuous component, the cepstral 

vectors, corresponding to a unique acoustic reality, occupy 
hoWever a Wider domain of the cepstral representation 
space, and this, of course, has the effect of diminishing the 
discriminating poWer of these vectors and entails the imple 
mentation of complex models capable of alloWing effective 
discrimination betWeen the various forms of the vocabulary 
of the relevant application. For a more detailed description 
of the problem posed, it Will be pro?table to refer to the 
article published by C. Mokbel, J. Monné and D. J OUVET, 
entitled “On-line Adaptation of a Speech Recognizer to 
Variations in Telephone Line Conditions”; EUROSPEECH 
pp. 1247—1250, Berlin 1993. 

Given the above account, it Would appear to be necessary 
to reduce as far as possible the effects of telephone lines on 
an observed signal, so as to improve the recognition 
performance, for a given system. 

The problem posed is a problem of blind deconvolution 
since, unlike the knoWn problems of acoustic echo 
cancellation, dereverberation and/or antenna ?ltering, in 
Which cases several pick-ups conveying a larger amount of 
information are available, a single microphone pick-up is 
available in the present case. Although the solution to the 
problem posed may therefore be reduced to a deconvolution 
procedure, the speech signal, or digital telephone signal, and 
the transfer function of the channel occupy the same fre 
quency regions and exhibit a common domain in cepstral 
space, and it is therefore very dif?cult to de?ne ?lters or 
“lifters”, performing a Weighting or ?ltering in cepstral 
space, making it possible to carry out the sought-after 
deconvolution procedure. 
The currently knoWn technical solutions to the aforesaid 

problem have hitherto had the object, either of improving the 
robustness of automatic speech recognition procedures to 
the conditions of acquisition of the telephone signal, or the 
reduction of the disturbances in a telephone signal, so as to 
improve the latter’s intelligibility. 

In automatic speech recognition systems, When recogni 
tion is performed locally for the voice control of hands-free 
telephones of computers or the like, the techniques, aimed at 
reducing the disturbances introduced by additive noise, 
embrace ?ltering by spectral subtraction, antenna ?ltering, 
Markov model state ?ltering, or the on-line addition of 
ambient noise to the signal and reference models. 

In respect of centraliZed recognition, the techniques also 
have the objective of reducing the effects of the telephone 
lines, by subtracting from the cepstral vectors their continu 
ous component estimated over a sufficiently broad horiZon. 
It is recalled that the notion of horiZon designates, for a 
digital telephone signal subdivided into WindoWs, a speci 
?ed Whole number of successive WindoWs. For a more 
detailed description of this type of approach, it Will be 
pro?table to refer to the article cited earlier. For a fairly 
broad horiZon, it is found that the mean of the cepstral 
vectors represents the effects of the telephone lines, this 
?nding being con?rmed all the more When the changes in the 
characteristics of the channel are sloW. 

For a general deconvolution procedure, tWo major types 
of deconvolution are implemented, blind deconvolution, 
based on spectral or cepstral or else temporal properties of 
the signal submitted for deconvolution. In the telecommu 
nications sector, adaptive equaliZation algorithms are akin to 
a procedure of blind deconvolution (c.f. for example the 
article by A. BENVENISTE and M. GOURSAT “Blind 
Equalizers”, “IEEE TRANSACTIONS ON 
COMMUNICATIONS”, Vol. COM-32, No. 8, August 1984, 
pp. 871—833, 1984). The second type of deconvolution, used 
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for example in echo cancellation or dereverberation 
algorithms, implements adaptive ?ltering, or spatial ?ltering 
in the case of acoustic antennas. For a more detailed 
description of this type of processing, it Will be pro?table to 
refer to the article entitled “Adaptive Noise Cancelling: 
Principles and Applications”, PROCEEDINGS OF THE 
IEEE, Vol. 63, No. 12, Dec. 1975, pp. 1692—1716, 1975, 
published by B. WIDROW et al. 

Finally, in the sector of digital signal transmissions, the 
problems posed by the equalization procedure are similar by 
virtue of the fact that it is dif?cult to obtain an actual 
reference so as to use a conventional adaptive ?ltering 
scheme, in order to cancel the effect of the transmission 
channel, since the only signal available is the observed 
digital signal already transmitted. To make the task easier, 
digital sequences knoWn to the receiver can certainly be 
sent, so as to identify the transfer function of the transmis 
sion channel. HoWever, such a procedure rapidly saturates 
the transmission capacity of the channel. In order to remedy 
the aforesaid draWback, a number of studies aimed at 
de?ning a blind equalization scheme have been performed. 
The solution adopted consists in using decision logic and 
knoWn long-term statistics regarding the digital signal 
transmitted, in order to calculate the error serving in the 
adaptation of the coefficients of a stochastic gradient descent 
adaptive ?lter, as illustrated diagrammatically in FIG. 1b. 
For a more detailed description of this type of processing, 
reference may be made to the article entitled “Frequency 
Domain and Multirate Adaptive Filtering”, IEEE Signal 
Processing Magazine, pp. 15—37, Jan. 1992, published by J. 
J. SHYNK. 

The aim of the present invention is to remedy the draW 
backs of the aforesaid prior methods, through the imple 
mentation of a process and a system of adaptive ?ltering by 
blind equalization of a digital telephone signal, more par 
ticularly intended for automatic speech recognition 
applications, across the sWitched telephone netWork. 

The process of adaptive ?ltering of a digital telephone 
signal, Which is the subject of the present invention, is 
noteWorthy in that it consists in submitting the digital 
telephone signal to a frequency transformation, of FFT type, 
and to a sub-band ?ltering in order to produce a plurality of 
sub-band signals. Each of the sub-band signals is submitted 
to an adaptive ?ltering starting from a reference signal based 
on long-term statistics regarding the telephone signal, this 
making it possible to perform equalization by blind decon 
volution of the effects of the telephone transmission lines on 
the digital telephone signal. 

System for adaptive ?ltering of a digital telephone signal, 
Which is the subject of the present invention, is noteWorthy 
in that it includes a circuit for frequency transformation by 
FFT processing and a circuit for sub-band ?ltering in order 
to produce a plurality of sub-band signals, starting from the 
digital telephone signal. A circuit for generating a reference 
signal makes it possible to produce a reference signal based 
on long-term statistics regarding the telephone signal, and a 
circuit for adaptive ?ltering of each of the sub-band signals 
starting from the reference signal, makes it possible to 
produce ?ltered sub-band signals, this making it possible to 
perform equalization by blind deconvolution of the effects of 
the telephone transmission lines on the digital telephone 
signal. 

The process and the system of adaptive ?ltering by blind 
equalization of a digital telephone signal, Which are the 
subjects of the present invention, ?nd application to the 
improving of automatic speech recognition procedures and/ 
or the quality of restitution, after transmission, of digital 
telephone signals. 
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4 
They Will be better understood on reading the description 

and studying the draWings beloW, in Which, apart from 
FIGS. 1a and 1b relating to the prior art, 

FIG. 2 represents, in block diagram form, a How chart for 
a process of adaptive ?ltering by blind equalization of a 
digital telephone signal and their applications, 

FIG. 3a represents a functional diagram of the device for 
adaptive ?ltering by blind equalization of a digital telephone 
signal, Which is the subject of the present invention, 

FIG. 3b represents an embodiment detail of the device of 
FIG. 3a, in a particular non-limiting embodiment, 

FIG. 3c represents an embodiment detail of the device 
represented in FIG. 3b. 
A more detailed description of the process of adaptive 

?ltering of a digital telephone signal, Which is the subject of 
the present invention, Will noW be given in conjunction With 
FIG. 2. 

Generally, it is indicated that the digital telephone signal 
transmitted, denoted s(n), is formed by a string of digitally 
coded samples. 

According to a particularly advantageous aspect of the 
process, Which is the subject of the present invention, the 
latter consists in submitting the digital signal s(n) to a 
frequency transformation of Fourier transform type, and in 
particular of fast Fourier transform type FFT, in a step 
denoted 1000 in the aforesaid FIG. 2. Generally, it is 
indicated that the frequency transformation is performed 
starting from the aforesaid digital samples, these samples 
being grouped together into WindoWs of successive samples, 
these WindoWs including a speci?ed number of samples and 
tWo successive WindoWs effecting an overlap over one or 
more common samples. Procedures for processing by fre 
quency transformation are knoWn procedures as are the 
procedures for processing by fast Fourier transform and, in 
this respect, the latter Will not be described in detail. 

According to another aspect of the process, Which is the 
subject of the present invention, the latter consists, in a step 
1001, in submitting the digital signal transformed by the 
aforesaid frequency transformation, this transformed signal 
being denoted sf(n), to a sub-band ?ltering procedure, 
denoted 1001 in FIG. 2, in order to produce a plurality of 
sub-band signals, these signals being denoted SBl, SB2, . . . 
SBi to SBN. In a conventional manner, it is understood that 
the sub-band ?ltering makes it possible starting from the 
transformed digital signal sf(n) to obtain, for each of the 
sub-band signals, frequency components in each sub-band 
of speci?ed value. By sub-band of speci?ed value is under 
stood a frequency sub-band exhibiting a centre frequency 
and a speci?ed bandWidth. It is understood that the sub-band 
?ltering can be carried out so as to distribute the transformed 
signal sf(n) into substantially adjacent bands Which may 
eXhibit a certain overlap of frequencies. 

Subsequent to the sub-band ?ltering processing, denoted 
1001 in FIG. 2, in accordance With a particularly advanta 
geous aspect of the process, Which is the subject of the 
present invention, each of the sub-band signals SBl, SBi to 
SBN is then submitted to a corresponding adaptive ?ltering, 
denoted 10021 to 1002N, starting from a reference signal RS 
based on long-term statistics regarding the transmitted tele 
phone signal. 

It is indicated that such an operating mode makes it 
possible to perform equalization by blind deconvolution of 
the effects of the telephone transmission lines on the digital 
telephone signal s(n). 

According to another particularly advantageous aspect of 
the process of adaptive ?ltering, Which is the subject of the 
present invention, it is indicated that the latter moreover 
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consists in submitting the reference signal RS to a 
modulation, in step 1003, of the power P modulation type, 
depending on the poWer of the digital telephone signal 
received s(n). In general, it is indicated that the calculation 
of the poWer of the digital telephone signal s(n) can advan 
tageously be performed, as Will be described in more detail 
later in the description, starting from the transformed signal 
sf(n) as represented illustratively in FIG. 2. The poWer 
modulation of the reference signal can then be performed by 
Way of a modulation M, as represented in the aforesaid FIG. 
2. 

Generally, it is indicated that the reference signal RS can 
be a signal With constant spectral density and that moreover 
this signal can be modulated in a step 1004 by a digital signal 
produced by a database speci?c to the type of communica 
tions carried by the digital telephone signal. Of course, the 
modulation can be performed in the modulation step M 
mentioned earlier in conjunction With FIG. 2. 
A more detailed description of a system of adaptive 

?ltering of a digital telephone signal in accordance With the 
subject of the present invention, making possible especially 
the implementation of the ?ltering process such as described 
earlier in conjunction With FIG. 2, Will noW be given in 
conjunction With FIG. 3a. 

According to the aforesaid ?gure, it is indicated that the 
system, Which is the subject of the present invention, 
includes a circuit 1 for frequency transformation by FFT 
processing cited earlier, and a circuit 2 for sub-band ?ltering 
in order to produce a plurality of sub-band signals starting 
from the digital telephone signal s(n), as described earlier in 
the description. Generally, it is indicated that the circuit for 
processing by fast Fourier transform FFT is a circuit of 
conventional type, of butter?y type, for example, making it 
possible to carry out the processing over the Weighting 
WindoWs of the input signal s(n). 
As regards the sub-band ?ltering circuit 2, it is indicated 

that the latter can be embodied through a bank of ?lters 
Whose transfer functions With respect to the centre frequency 
and in particular Whose bandWidth With respect to this centre 
frequency, makes it possible to perform a certain overlap 
ping of the aforesaid frequency bands. The conventional 
techniques for calculating ?lters can be used to embody the 
bank of ?lters constituting the sub-band ?ltering circuit 2 
such as represented in FIG. 3a. 

Conventionally, it is indicated that each ?lter bank deliv 
ers a signal of digital type, these signals, designated as 
elementary signals, being referenced V(l) to V(N) Where N 
denotes the number of sub-bands and hence of banks of 
?lters making up the sub-band ?ltering circuit 2. 

In a practical embodiment, it is indicated that the number 
N of sub-bands and hence the number of elementary signals 
has been taken equal to N=24. 

At the output of the sub-band ?ltering circuit 2, the 
system, Which is the subject of the present invention, com 
prises a circuit 3 for adaptive ?ltering of each of the 
sub-band signals V(l), . . . V(i), . . . V(N). The adaptive 

?ltering is carried out starting from the reference signal RS. 
The adaptive ?ltering circuit 3 includes, for each of the 
elementary signals, an adaptive ?ltering path embodied as 
folloWs. 
A multiplier circuit (attenuator) 30i receives on a ?rst 

input one of the elementary signals V(i) and, on another 
input, an adaptation value H(i), that is to say a Weighting 
value, denoted H(l) to The output of each multiplier 
element, 30,-, delivers a ?ltered elementary signal, denoted 
Vn(1) to Vn(i), Vn(N). The output of each multiplier element 
30,- cited earlier is looped back to the second input receiving 
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6 
the attenuation or ?ltering parameter by Way of an 
adaptation module, denoted 31!, a single adaptation module 
being represented in FIG. 3a so as not to overload the 
draWing. It is nevertheless understood that each adaptation 
module 31,- carries out adaptation based on an error criterion, 
a corresponding error for the elementary signal of rank i 
being de?ned by the relation: 

In the aforesaid relation, it is indicated that the eXpression 
R(i) designates the reference signal for the corresponding 
elementary signal V(i). 
A justi?cation of the operating mode of the process, Which 

is the subject of the present invention, as represented in FIG. 
2 and of the ?ltering system such as represented in FIG. 3a, 
Will noW be given beloW in the description. 

In the application of the process and of the device, Which 
are the subjects of the present invention, to the automatic 
recognition of speech across the telephone netWork, one 
microphone alone, that of the telephone handset, is of course 
available. 
The blind equaliZation algorithm, based on the error 

criterion mentioned earlier, makes it possible to implement 
an adaptive ?ltering scheme in order to reduce, or equaliZe, 
the effects of the telephone lines in a speech signal observed 
at the input of a centraliZed recognition system. The oper 
ating mode of the adaptation modules, such as the modules 
31i in FIG. 3a, consists in carrying out an adaptation of the 
parameters of a ?lter of LMS type, standing for “least mean 
square”, so as to calculate the error serving in the adaptation 
of the coefficients of a stochastic gradient descent adaptive 
?lter. It is of course understood that the adaptive ?lter is 
embodied by the set of multiplier or attenuator elements 30, 
Which are continuously driven by each adaptation element, 
or adaptation module, 31i. 
The ?ltering thus effected is therefore performed While 

observing a single input, the digital telephone signal s(n). 
As prior theoretical studies have shoWn, the long-term 

spectrum of a speech signal is substantially ?at, that is to say 
it is substantially constant over all frequencies. Theoretical 
studies have also shoWn that the mean of the logarithms of 
the spectral densities over a sufficiently broad horiZon 
eXhibits a constant convolutive component in the observed 
signal, Which component can be likened to the contribution 
of the transmission channel. 

Thus, the association of a reference signal RS consisting 
of a signal With constant spectral density, the reference 
signal constituting the reference for the LMS type ?ltering 
by virtue of a small and suitable gradient increment, makes 
it possible to identify and compensate for the contribution of 
the transmission channel. 
The adaptive ?ltering, of LMS ?ltering type, is set up in 

the spectral domain and applied to the energies output from 
the ?lter bank making up the sub-band ?ltering circuit 2. 
On looking at FIG. 3a, it may be observed that: 
the equaliZation is then based on the fact that the long 

term spectral density of the telephone signal is ?Xed 
and almost ?at, 

the adaptive ?ltering is applied directly in the spectral 
domain, that is to say blockWise ?ltering and adaptation 
of the parameters of the adaptive ?lter, that is to say of 
the attenuation elements 30i at the conclusion of each 
signal WindoW. 

Such a setup is generally knoWn by the name “circular 
convolution method”. Such a method is not optimal in the 
sense that it sets up a circular convolution in a time domain. 
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Nevertheless, it appears to be less expensive in calculation 
time than the optimal methods of frequency or sub-band 
?ltering. Moreover, it is indicated that this type of ?ltering 
does not take into account the phase of the speech signal, 
such a parameter not being used in the area of automatic 
speech recognition. 

The equations for adapting the parameters of the optimal 
?lter can then be established in the manner beloW. 
Assuming that the digital telephone signal s(n) is the 

convolution of an actual emitted speech signal x(n) and a 
?lter representing and identifying the telephone channel 
W(n), it is possible to Write: 

S(H)=X(H)*W(H) (1) 

In the aforesaid relation, the sign * represents the convolu 
tion operator. 

With a vieW to generaliZation, the various equations 
beloW are developed in spectral space, the space of ?ltered 
bands used in conjunction With FIG. 3a being a particular 
case. 

By expressing the spectral poWer densities of the tWo 
terms in the aforesaid relation (1), We obtain for each 
WindoW of the speech signal: 

In the aforesaid relation, it is indicated that SS(f) and Sx(f) 
represent the poWer spectral densities of s(n) and x(n) 
respectively, representing the transfer function of the 
telephone channel in frequency space under the operator 
FFT[W(n)]. 

The adaptive ?lter With transfer function is applied 
directly to the poWer spectral density of s(n), expressed in 
the form SS(f), in order to produce the normaliZed spectrum 
Sn(f) expressed in the form: 

The reference signal RS exhibiting a constant spectrum, 
of the form R(f), the error Err(f) for each WindoW of the 
digital telephone signal then being Written: 

The optimal ?lter toWards Which the adaptive ?lter converges is the ?lter Which minimiZes the mean square 

error in each of the frequency bands of each sub-band f. The 
mean square error as a function of frequency is expressed in 
the form: 

In the aforesaid relation, it is indicated that the expression 
E[Err2(f)] indicates the mathematical expectation of the 
square of the error Err(f) cited earlier. 

Employing the assumption of a constant long-term speech 
spectrum and of a transfer function Which is constant 
over a broad horiZon, the optimal ?lter is then the one Which 
minimiZes the mean square error equation for every value of 
f, that is to say for the set of frequency bands. This relation 
can be Written: 

The operation of minimiZing relation 6 (above) then 
makes it possible to Write the transfer function of the optimal 
?lter in the form of the relation: 
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R(DSXU) l 1 (7) 
110., = :c “W W20”) WWW) 

This relation clearly shoWs that the optimal ?lter com 
pensates for the effect of the transmission channel. 

Furthermore, regarding a reference signal RS as exhibit 
ing a spectrum R(f) as having the same poWer as the digital 
telephone signali then, the expression E[R(f)Sx(f)] tends to 
be equal to E[S and the optimal ?lter approaches the 
inverse of the transmission channel. Compensation is thus 
achieved. 

In a particularly advantageous manner, it is indicated that 
the poWer of the reference signal RS can be modulated as a 
function of the poWer of the telephone speech signal. Such 
a modulation makes possible an improved operation of the 
blind equaliZation module as represented in FIG. 3a. Indeed, 
the poWer of the signal input varies according to the sound 
uttered, and does so at each instant. For ?xed adaptation 
increments of the adaptation modules, the modules 30,- of 
FIG. 3a, the ?lter thus formed has a tendency to adapt in 
order to transform the most energetic sounds With a constant 
spectral density if the precaution of such a modulation is not 
taken. The adaptation increment can moreover vary as a 
function of the energy in the relevant frequency band. 
A comparison of the aforesaid operating mode, according 

to the subject of the present invention, With a conventional 
high-pass or cepstral subtraction ?ltering mode shoWs that 
from the vieWpoint of recognition performance, the operat 
ing mode, Which is the subject of the present invention, is 
signi?cantly superior With regard to certain databases than 
the procedures of the aforesaid state of the art, Which of 
course validates and justi?es the use of the process and 
system, Which are the subjects of the present invention, for 
applications in automatic speech recognition. 
The table beloW presents the improvements obtained as 

compared With a conventional technique, cepstral 
subtraction, by virtue of the proposed ?ltering procedure in 
accordance With the process and With the system Which are 
the subjects of the present invention. It is indicated that the 
improvements in the last column of the aforesaid table are 
given in terms of reduction in error rate as compared With 
the reference version of a system developed in France by the 
Centre National d’Etudes des Telecommunications and des 
ignated as PHIL90. The bracket indicated beside the error 
rate for the basic system represents the 95% con?dence 
interval. It Will also be noted that cepstral subtraction, 
although it performs Well, poses a problem of on-line setup 
in real time, since it is based on estimating the mean of the 
cepstral vectors during silence or over a broad speech 
horiZon. 

Reduction in error 

Digits Error rate rate (improvement) 

Basis system 0.83% [0.58-1.18] 
Cepstral subtraction 0.44% 47% 
Adaptive ?ltering 0.41% 51% 
Trégor (name of the Error rate Reduction in error 

database) 
Basic system 
Cepstral subtraction 
Adaptive ?ltering 
NB2 (base of 2-digit 
numbers 00-99) 
Basic system 
Cepstral subtraction 
Adaptive ?ltering 

0.64% [0.52-0.79] 
0.52% 
0.54% 
Error rate 

4.42% [3.97-4.92] 
3.87% 
3.75% 

rate (improvement) 

18% 
16% 
Reduction in error 

rate (improvement) 

12% 
15% 

An advantageous embodiment of the system of adaptive 
?ltering of a digital telephone signal according to the subject 
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of the present invention Will noW be described in conjunc 
tion With FIGS. 3b and 3c, by Way of variant of the system 
described in conjunction With FIG. 3a. 

In general, it is indicated, in conjunction With FIG. 3b, 
that the system, Which is the subject of the present invention, 
comprises, apart from the circuits 1 and 2 for frequency 
transformation and sub-band ?ltering, a module for pre 
processing calculation of the digital telephone signal s(n) 
and for calculating the energies output from the ?lter bank 
as Well as the global energy for each WindoW of the speech 
signal s(n). In FIG. 3b, these elements together bear the 
reference 1, 2 so as not to overload the draWing. 

Furthermore, in the particular embodiment of FIG. 3b, the 
circuit 3 also includes a circuit, denoted 300, for calculating 
the logarithm or a poWer of the global energy calculated in 
the module 1,2 mentioned earlier. The aforesaid circuit 300 
is folloWed by a circuit 301 for Weighting the logarithm of 
the global energy, this Weighting being performed as a 
function of the global energy of the digital telephone signal 
in order to produce a reference signal With constant spectral 
density. 

In order to produce the reference signal RS, it is indicated 
that the system according to the invention, such as repre 
sented in FIG. 3b, can include a circuit for generating the 
speci?c digital signal SP starting from a database 303, this 
database being speci?c to the type of communication carried 
by the digital telephone signal. A modulator circuit 302 is 
provided, this modulator circuit making it possible to per 
form modulation of the reference signal With constant spec 
tral density by the speci?c digital signal SP in order to 
produce a reference signal based on long-term statistics 
regarding the telephone signal. In a generic manner, the 
reference signal based on long-term statistics regarding the 
telephone signal also bears the reference RS. 
As Will be observed in FIG. 3b, each elementary signal Vi 

is then submitted to an adaptive ?ltering processing by a 
corresponding adaptive ?ltering module 3,- starting from the 
reference signal RS, modulated or not by the database 303, 
each adaptive ?ltering module 3,- being represented and 
described in more detail in FIG. 3c. 
As represented in the aforesaid ?gure, each adaptive 

?ltering module comprises, apart from the attenuator circuit 
30i represented in FIG. 3a, receiving on the one hand the 
elementary signal or sub-band signal V(i) and on the other 
hand the adaptive attenuation value H(i), an adaptation 
module, denoted 31,- making it possible to deliver the 
aforesaid attenuation value 

The adaptation module 31i comprises, as represented in 
FIG. 3c, a subtractor circuit 310,- receiving on its positive 
input the reference signal RS and on its negative input the 
?ltered sub-band signal Vn® delivered by the attenuator 
circuit 30,-. The subtractor circuit 310,- delivers the error 
signal Err(i). The adaptation module 31,- moreover includes 
a multiplier circuit 311,- receiving on a ?rst input the elemen 
tary signal, or sub-band signal V(i), on a second input an 
adaptive ?ltering adaptation increment parameter, this 
parameter being denoted p and on a third input the error 
signal Err(i) mentioned earlier. The adaptation module 31, 
delivers an adaptation value to a circuit of integrator type 
formed by a summing unit 312,- and an element for delaying 
the digital telephone signal by a WindoW duration, this 
delaying element bearing the reference 313i and being 
looped back to an input of the summing circuit 312,-. The 
output of the delaying element 313i delivers the attenuation 
or ?ltering adaptive value cited previously to the 
attenuator circuit, or multiplier, 30,-. 

Finally, as represented in FIG. 3b, the system of adaptive 
?ltering, Which is the subject of the present invention, can 
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include a circuit 4 for inverse frequency transformation 
receiving the ?ltered sub-band signals Vn(1), Vn(i) to Vn(N) 
delivered by the adaptive ?ltering circuit 3, the circuit 4 for 
inverse frequency transformation thus delivering an equal 
iZed digital telephone signal, denoted s*(n) in Which the 
channel component has been reduced through blind decon 
volution. 
A process and a system of adaptive ?ltering of a digital 

telephone signal have thus been described Which are of 
particularly high performance in so far as, as compared With 
the prior techniques implementing cepstral subtraction, a 
signi?cant improvement in ?ltering is thus obtained. 
We claim: 
1. A process for adaptive ?ltering of a digital telephone 

signal transmitted through telephone transmission lines and 
carrying a type of communication, said process comprising: 

submitting said digital telephone signal to a FFT type 
frequency transformation so as to generate a FFT 
transformed digital signal; 

submitting said FFT transformed digital signal to sub 
band ?ltering so as to produce a plurality of sub-bands 
signals; 

deriving a poWer signal based on the poWer of said digital 
telephone signal; 

deriving a reference signal based on long-term statistics 
With respect to the digital telephone signal and modu 
lated by said poWer signal and by a digital signal having 
spectral characteristics identical to the long-term spec 
tral characteristics of speech stored in a database cor 
responding to the type of communication carried by 
said digital telephone signal; and 

submitting each of said sub-bands signal to adaptive 
?ltering using said reference signal so as to identify and 
compensate for the contribution of said telephone trans 
mission lines and to thus enable equaliZation by blind 
deconvolution of the effects of said telephone trans 
mission lines on said digital telephone signal. 

2. The process of claim 1, Wherein said plurality of 
sub-band signals comprises a set of element signals V(i) or 
rank i and said adaptive ?ltering comprises submitting each 
of said elementary signals V(i) to least mean square adaptive 
?ltering so as to generate corresponding ?ltered elementary 
signals Vn(i), said adaptive ?ltering being based on an error 
criterion Err(i) for each elementary signal V(i) satisfying the 
relation Err(t)=R(i)—Vn(i), Wherein R(i) designates the ref 
erence signal for the corresponding elementary signal V(i). 

3. The process of claim 1, Wherein said reference signal 
comprises a signal With constant spectral density. 

4. A system for adaptive ?ltering of a digital telephone 
signal transmitted through telephone transmission lines, said 
system comprising: 
means for subjecting said digital telephone signal to a 

frequency transformation, by FFT processing, so as to 
produce an FFT transformed digital signal and for 
subjecting said FFT transformed signal to a sub-band 
?ltering so as to produce a plurality of sub-band 
signals; 

means for generating a reference signal based on long 
term statistics regarding said digital telephone signal, 
said means for generating a reference signal including 
means for calculating the global energy of the digital 
telephone signal and the logarithm of said energy, and 
means for Weighing the logarithm of said energy, as a 
function of the global energy of the digital telephone 
signal, so as to produce a signal having a constant 
spectral density on Which said reference signal is based; 
and 
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means for providing adaptive ?ltering of each of said said means for generating a reference signal including 
sub-band signals using said reference signal so as to means for calculating the global energy of the digital 
produce ?ltered sub-band signals, and to thus enable telephone signal and a power of said energy, and means 
equalization by blind deconvolution of the effects of for Weighing the power of Said energy, as a function of 
said telephone transmission lines on said digital tele- 5 the global energy of the digital telephone Signal, so as 
Phbhe slghat to produce a signal having a constant spectral density 

5. The system of claim 4, Wherein the digital telephone 
signal carries a type of communication and said means for 
generating a reference signal further includes: 

on Which said reference signal is based; and 

means for providing adaptive ?ltering of each of said 
sub-band signals using said reference signal so as to 
produce ?ltered sub-band signals, and to thus enable 
equalization by blind deconvolution of the effects of 
said telephone transmission lines on said digital tele 
phone signal. 

15 9. The system of claim 8, Wherein the digital telephone 
signal carries a type of communication and said means for 
generating a reference signal further includes: 

a generator for generating a further digital signal having 10 
spectral characteristics substantially identical to the 
long-term spectral characteristics of speech stored in a 
database corresponding to the type of communication 
carried by the digital telephone signal; and 

a circuit for modulating said reference signal having a 
constant spectral density With said further digital signal 
so as to produce said reference signal based on long 
term statistics regarding the telephone signal. a geheratbr for geheratihg a further digital signal havihg 

6. The system of claim 4 Wherein said adaptive ?ltering spectral Characteristics idehtieal t0 the lbhg'tenh spee 
means comprises, for each sub-band signal; 20 tral characteristics of speech stored in a database cor 

a subtractor circuit for receiving, on a positive input, said responding to the tyPe of ebththhhieatibh Carried by the 
reference signal and for receiving, on a negative input, digital telephbhe signal; and 
a corresponding one of said ?ltered sub-band signals, a circuit for modulating said reference signal having a 
and for producing an error Signal; 25 constant spectral density With said further digital signal 

a multiplier circuit for receiving, on a ?rst input, said one so as to produce said reference signal based on long 
sub-band signal, for receiving, on a second input, an term statistics regarding the telephone signal. 
adaptation increment parameter of the adaptive ?ltering 10. The system of claim 8 Wherein said ?ltering means 
means, and for receiving, on a third input, said error comprises, for each Sub-band Signal; 
slgnal’ and for producmg an adaptatlon Value; 30 a subtractor circuit for receiving, on a positive input, said 

an integrator circuit for receiving said adaptation value reference Signal and for receiving, on a negative input, 
ahd Prbdheihg ah Output sighal related to the Value of a corresponding one of said ?ltered sub-band signals, 
an adaptive ?ltering coef?cient; and 

a multiplier circuit for receiving, on a ?rst input, a 
corresponding one of said sub-band signals and for 35 
receiving, on a second input, said output signal related 
to said value of adaptive ?ltering coefficient, and for 
producing a said-?ltered sub-band signal. 

7. The system of claim 4 further including inverse fre 
quency transformation means for receiving Said ?ltered 40 an integrator circuit for receiving said adaptation value 

and for producing an error signal; 

a multiplier circuit for receiving, on a ?rst input, said one 
sub-band signal, for receiving, on a second input, an 
adaption increment parameter of the adaptive ?ltering 
means, and for receiving, on a third input, said error 
signal, and for producing an adaptation value; 

sub-band signals and for producing an equaliZed digital and Prbdheihg ah Output sighal related to the Value of 
telephone signal Wherein the contribution of the transmis- an adaptive ?ltering coef?cient; and 
sibh hhes is reduced by bhhd deebhybhltibh a multiplier circuit for receiving, on a ?rst input, a 

8- A systeIn for adaptive hlterihg of a digital telephbhe corresponding one of said sub-band signals and for 
signal transmitted through telephone transmission lines, said 45 receiving, on a Second input, Said Output Signal related 
System Compnsmg: to said value of adaptive ?ltering coef?cient, and for 

means for subjecting said digital telephone signal to a producing a Said_?1tered Snb_band SignaL 
freqhehey trahsfbhhatibm by FFT Pr0eessihg> so as to 11. The system of claim 8 further including inverse 
Produce ah FFT transformed digital signal and for 50 frequency transformation means for receiving said ?ltered 
shbjeetihg said FFT trahsfbnhed signal to a shb'bahd sub-band signals and for producing an equaliZed digital 
hherihg so as to Produce a Phlrahty of shb'bahd telephone signal Wherein the contribution of the transmis 
slghals; sion lines is reduced by blind deconvolution. 

means for generating a reference signal based on long 
term statistics regarding said digital telephone signal, * * * * * 


